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(54) Damping for directional sound cancellation 



(57) Sound in ducts can be reduced by using two cancelling sources spaced along the duct, and in orderto reduce 
reflections upstream of the cancelling sources, sounds from these sources may be arranged to be in phase opposition 
upstream from the sources at all frequencies. Such an arrangement does not provide cancellation downstream at some 
frequencies. Jn the invention sound detected by a microphone 10 is processed to generate a drive signalfor a source 13 
which tends to cancel sound in the duct partially, the remainder of the cancellation being provided by a source 1 5. A 
delay 1 4 is such that sounds from the sources 13 and 1 5 are in phase at all frequencies of interest downstream of the 
source 15. 
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SPECIFICATION 

Damping for directional sound cancellation 

5 The present invention relates to apparatus and 
methods for reducing sound transmitted in a given 
direction by providing cancellation while at the same 
time damping reflections from a zone generating 
cancelling sounds. The invention is particularly, but 

1 0 not exclusively, applicable to the cancellation of 
sound in ducts. In the present inventor's paper 'The 
Active Control of Sound Propagation in Long Ducts", 
Journal of Sound and Vibration (1973), 27 (3), pages 
41 1 to 436, arrangements forsound cancellation in 

1 5 ducts were described in which upstream sound from 
sound sources producing cancellation were reduced, 
at least theoretically, to zero at all frequencies while 
the downstream output of the sources varied with 
^frequency butwaseffectiveforcancellation over 

20~^useful practical frequency ranges (see also Specifica- 
tion No. 1,456,018). 

The damping and downstream cancellation sound 
described in the above-mentioned paper relied on 
using at least two sound sources in which the sound 

25 produced bythe upstream source was constrained to 
be in phase opposition with the sound produced by 
the upstream source just upstream from that source. 

Specification No. 1 ,548,362 describes an arrange- 
ment which is similar to that mentioned above asfar 

30 as phasing of two sound sources is concerned but a 
detector for use in driving the sound sources is 
positioned downstream of the upstream source in- 
stead of vice versa. 
According to a first aspect of the present invention 

35 there is provided apparatus for the directional reduc- 
tion of sound, comprising 

first and second electrically driven sound sources 
positioned in the path of sound to be reduced with the 
first source nearer to the source of the said sound than 

40 the second source, 

signal-generating means for generating a drive 
signal to drive the first sou rce, and 

processing means for so processing the drive signal 
and applying it to drive the second source that sound 

45 generated by the first and second sources is, or tends 
to be, in phase at all frequencies of interest on that side 
of the second source which is remote from the first 
source, and 

the signal-generating means and the processing 
50 means being suchthatthe resultantsoundon the said 
side of the second source tends to be in anti-phase 
with sound to be cancelled at all the said frequencies. 

The main advantage of the present invention isthat 
the downstream output of the first and second sources 
55 is at a maximum value at all frequencies and therefore 
provides maximum cancellation of the sound to be 
reduced. This is in contrast to the proposals in the 
a bove-mentioned patent specifications where at cer- 
tain frequencies the downstream output of the two 



60 sources fell to zero thus preventing cancellation and 
control at these frequencies. The output from the two 
sources in the upstream direction is generally of 
reduced amplitude and therefore provides a degree of 
absorption at most frequencies. The penalty is that 
65 there are certain frequencies at which the outputs of 
the two sources reinforce each other in the upstream 
direction and at these frequencies the two sources can 
be regarded as being a pure reflector. Experiments 
have shown that in general it is unnecessary to 

70 provide perfect absorption, but that a degree of 

absorption can significantly improve the characteris- 
tics of an active silencing system, particularly in ducts. 

Each of thefirst and second sources may be an array 
of sources driven in phase and, for sound cancellation 

75 in ducts, located around the same duct cross-section. 
Any practical number of further such sound sources 
may be provided when the signal generating means is 
constructed and/or arranged to generate a respective 
drive signal for each further source, these drive 

80 signals being such that, at all frequencies of interest, 
the sound generated by each of the sources is in 
phase, on that side of the further source which is 
remote from the first source, with the resultant sound 
generated by other sources of the apparatus which are 

85 nearer to the source of the sound to be reduced. 
The signal generating means usually includes a 
detector for detecting the sound to be reduced, the 
detector being positioned either nearer to the source 
of the sound to be reduced than the first source or 

90 between thefirst and second sources, or where there 
are more sources somewhere between the sources of 
the apparatus. The detector may, for example, be 
formed by an array of microphones positioned in a 
duct and coupled by means of appropriate delays to 

95 detect only sounds travelling along the duct away 
from the source of sound to be reduced. 

Where the detector is nearer to the source of sound 
to be reduced than the first source it is coupled to the 
first source by means of a processor, constructed 
100 according to known techniques, with output coupled 
tothefirstsource. The advantage of an upstream 
detector of this type is that it allows the processor time 
to calculate and generate a suitable drive signal for the 
first source but, due to varying propagation conditions 
105 for example, the detected sound may have changed 
character bythe time it reaches the first and second 
sources so that errors occur. Where the detector is 
positioned among the sound sources of the apparatus 
the arrangement is, as is explained in more detail 
110 below, less susceptible to errors in cancellation. 

In an arrangement where the detector is between 
the first and second sources and no other sources are 
included in the apparatus, the detector may be 
coupled to a node at which the signal driving the first 
115 sources is added to the detector signal. Further the 
signal driving the second source after passing through 
a delay equal to the time taken for sound to propagate 
from the second source to the first source is sub- 



The drawings originally filed were informal and the print here reproduced is taken fronn 

a later filed formal copy. 
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tracted atthe node and the resultantsignal ts applied 
to an amplifier whose output provides the drive signal 
for the first source. 
According to a second aspect of the present 
5 invention there is provided a method for the direction- 
al reduction of sound comprising generating first and 
second sound waves at first and second positions 
respectively in the path of sound to be reduced, with 
the first position nearer to the source of the said sound 

10 than the second position, the first and second sounds 
being, ortending to be, in phase at all frequencies of 
interest on that side of the second position which is 
remote from the first position and the resultant sound 
wave tending to be in anti-phase at all frequencies of 

15 interest with sound to be cancelled on the said side of 
the second position. 

Certain embodiments of the invention will now be 
described, by way of example, with reference to the 
accompanying drawings, in which: — 

20 Figure 1 is a block diagram of apparatus according 
to the first aspect of the present invention. 

Figure 2 is a block diagram of apparatus according 
to the invention in which a detector having a plurality 
of microphones is employed and sound cancellation is 

25 achieved by three sound sources. 

Figure 3 is a block diagram of apparatus according 
to the invention using a detector which is downstream 
from a first sound cancelling source, and 

Figure 4 is a generalised block diagram of apparatus 

30 according to the invention having two sound sources 
with a detector between the two sources. 

In Rgurel a sound detector 10 such as a mic- 
rophone is positioned within a duct 1 1 which can be 
regarded as carrying sound in the form of plane 

35 waves.The detector 10 is connected byway of a 

processor circuit 1 2 to a first sound source 1 3, such as 
a loudspeaker, or an array of loudspeakers distributed 
round the duct at one cross-section thereof, and 
positioned to generate sounds within the duct. The 

40 output of the processor 1 2 is also passed to a delay 
drcurt 14 with output connected to anothersound 
source 1 5 which may be of the same form as the 
source 13. 

Th e delay 1 4 is such that sound waves g enerated by 

45 the sources 1 3 and 1 5 are in phase downstream of the 
source 1 5 (that is to the right of the source 1 5 in Figure 
1) at all frequencies, and by means of the processor 12 
the sound wave so produced is in anti-phase, just 
downstream of the source 1 5, with sound travelling 

50 down the duct but originating upstream from the 
detector 1 0. The phasing and amplitude of the 
combined sound waves from the sources 13 and 15 
downstream of these sources is predicted by the 
processor 12 from signals picked up by the detector 

55 10. Many forms of such processor are known, for 
example as described in the Journal of Sound and 
Vibration (1983) 31 (3) pages 351 to 362 "An Ex- 
perimental Study of a Broadband Active Attenuator 
for Cancellation of Random Noise in Ducts" by R. F. la 

60 Fontaine and I. C. Shepherd, but modification may be 
necessary in view of the delay 14. 

The arrangement shown in Figure 1 has the 
advantage that maximum destructive interference 
with sounds travelling down the duct is provided by 

65 the sources 13 and 15 at all frequencies of interest 



while an appreciable amount of damping is provided 
by the upstream source. Time and frequency domain 
expressions can be derived forsound waves gener- 
ated by an array of sources when the output of each 
70 source is combined in anti-phase in the duct with the 
sound output of the next upstream source in the array. 
Such expressions are shown on page 423 of the 
above-mentioned 1 973 paper and it is apparent that in 
the frequency domain the output of the array compris- 
75 es a constant coefficient and an expression in the 
form: one minus an exponential. Although the phas- 
ing of the sources in the array of Figure 1 is 
fundamentally different from the arrangement de- 
scribed in the 1973 paper thefrequencydomainform 
80 of the output wave is the same in that it comprises a 
coefficient and a component which includes an 
exponential. In the calculations and expressions 
which follow the amplitudes of the sources have been 
normalised so that a unit source is assumed to 
85 generate unit press u re. In practice, appropriate gain 
factors (possibly frequency dependent) are included, 
either explicitly or implicitly, in the circuits 12 and 14 in 
order to achieve this objective. In addition the effects 
of Mach number have been ignored since for practical 
90 purposes in most situations low gas fiows only occur 
so that Mach number is a secondary effect. However 
from the 1973 paper it will be clear how the effects of 
Mach number can be taken into account. 
With these provisos the present configuration can 
95 be regarded as given a downstream sound pressure of 
1+1 =2 at all frequencies ifthe sources 13 and 15 
produce unit output. This output is used to cancel the 
incident disturbance. The component upstream of the 
source 13 has the sound pressure 1 + e"'*^^"^(whereTis 

100 the delay 14, co is angular frequency and 'i' indicates an 
imaginary number). This latter expression is frequen- 
cy dependent and it is less than two at most 
frequencies, so yielding a reflected wave which is of 
reduced amplitude compared to the incident wave. 

105 This corresponds to providing damping at most 
frequencies. 

The number of detectors and sound sources, or 
arrays of sound sources, is, of course, not limited to 
one and two respectively. Thus in Figure 2 three 

110 detectors or arrays of detectors 1 7, 1 8 and 1 9 are 
shown coupled by delays 21 and 22, these delays 
being such that the detector array preferentially 
detects waves propagating downstream. The more 
detectors used the more accurate this detection is and 

115 therefore any appropriate number of detectors or 
detector arrays may be used. The delays 21 and 22 
have values and can be constructed according to 
known principles. Figure 2 also shows three sound 
sources 23, 24 and 25 separated by delays 26 and 27. 

1 20 The sources 24 and 25 generate sound waves which 
are in phase with waves from the next upstream 
source. Again any appropriate number of sources can 
be used and fed by delays which give the required 
phasing. The more sources used the more the output 

125 conforms with the requirement of cancelling sound 
travelling down the duct and the more damping is 
provided to prevent reflection of sound in the up- 
stream direction. 

Rgure 3 shows an arrangement in which the 

130 microphone 10 is positioned between the sound 
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sources 13 and 15. just downstream of 13. and the 
delav 14 is used for the same purpose as previously, 
this arrangment having the advantage, mentioned 
above, that it is less susceptible to errors in cancella- 
5 tion performance; thatis if sound cancellation is not 
complete, as always occurs in practice, the error does 
not cause larger errors to develop. In fact in Rgure 3 
there is a tendency for the net effect of any errors to be 
reduced. The upstream source 13 acts to cancel the 

10 incoming wave partially, reducing its amplitude to half 
its initial value and the downstream source 1 5 
completes the cancellation process, reducing the 
incoming wave amplitude substantially to zero. If the 
upstream source produces a sound pressure mp(t) and 

15 the downstream source produces a sound pressure 
ms(t) then 

«j,(t) - -Vf^<c - f-), (where * • o), and 

where fo represents the incident sound wave to be 
cancelled 
t is time 
20 X is distance from the source 13 

Co is the speed of sound, and 
T equals L/Cq, L being the distance between 
the sources 1 3 and 1 5. 
The expressions for mp(t) and Ms(t) define the desired 
25 outputs from the sources. 

The detector 10 tog ether with a high gain amplifier 
30 and the source 13 constitute a closed loop 
feedback control system and in general such systems 
are designed to drive the detector output to a null, 
30 whereas in this case it is only required to reduced the 
amplitude of the incident wave by a half. This 
objective can be achieved by causing the null to occur 
instead at a node 31 by modifying the detector output 
in two ways: 

35 (1) an additional signal is added by means of a 
connection 32 to the signal generated by the 
source 1 3; thus, in effect, the signal applied to 
the node 31 is made twice that generated at the 
output of the source 13; 

40 (2) since the microphone 10 receives signals from 
the source 1 5 and tiiese signals are not required 
in the feedback loop they are in effect removed 
by subtraction at the node 31 of signals from a 
delay 33 which models the delay and path 

45 between the source 1 5 and the detector 1 0. 
The signal picked up by the detector 1 0 is 

«> - ^»t' - r") ♦ » (t) ♦ » - (where m - 0) 

B O p 8 

Thesignalatthenode31 is given by 

^«*** ■ 'o^'^ * "p^'* ♦ "a<* - ♦ V'p*'' - - ' Y 

If conventional negative feedback is now applied 
with high gain to control the signal at the node 31 , in 
50 frequency domain notation, 

a (Ih^ - -CS (Iw), tdiers C is tha gain of the ntplifler 3C 



Thus as G is increased, S(si(i£o) is driven to zero with 
increasing accuracy while 

I.e. . (O-^- f (t)/2 
P o 

*od •^(t) - "pit - t) 

which are the required outputs. 

Figure 4 shows a more general form of the 

55 arrangement of Figure 3 where a circuit 35 having a 
transfer function To is connected between the detec- 
tor 1 0 and the input to both the source 1 3 and the 
delay 14. (Thus the transfer function Tofor the circuit 
of Rgure 3 is that resulting from the amplifier30, the 

60 node31 andthedelay 33). The total downstream 
output is now 

- f-> ♦ "d^* - f-> * - ^f^> * > 

o 0 o ■ 

since ma (I) = mp(t — t) 

For this output to be zero, mp(t) should equal 
-V2fo(t). 

65 The output ofthe detector 10 is 



Hence, in frequency domain notation the output of 
the detector 10 is 



70 



equation 1 



uhence. 

I.e. S„U«) 
and 



« ♦ 2C> 



In this example transfer function To is required to 
be such that 



So Tj^a(lw) sbtnild equal -%f^(lt«) 
and if thla la achieved. 

dtiw) - fp{lu) - irf^(l«) fr« equaelM 1 

whence Tp£»sf^(l")<l - -^'^(l") 
a ad the geaeral express loo for is 

- -1/(1 - 

As an alternative to the realisation of Rgure 3, this 
function can be implemented by a simple feedback 
circuit involving a time delay 2t, and such a circuit Is 
similar in its general characteristics to the array 
compensation networks described in Specification 
75 1 ,456,018, which do not embody the present inven- 
tion. 

In practice it will not be possible to implement To 
precisely, so it is appropriate to examine the accuracy 
of operation ofthe system given small errors in the 

80 realisation of To- This particular characteristic, name- 
ly the sensitivity to errorof a given source detector 
configuration, has been discussed in general terms 
by the present inventor in the paper 'The Active 
Control of Low Frequency Sound in a Gas Turbine 

85 Installation", Inter-Noise 52 page 423. 



In the specific case considered here, the sensitivity 
to error can be shown to be (0.5) (1 — e~'**^^.This can 
be compared with the equivalent result for an 
arrangement in which the upstream source 13 is 
5 simply omitted. In the lattercase, exactly the same 
expression forTp is required, but the sensitivity to 
errorthen becomes (1 — e~'"^^), i.e. the overall 
sensitivity to errors in To has been halved by the 
introduction of the source 13. 

10 It is also interesting to compa re the sensitivity to 
error of the arrangements of Rgures 3 and 4 to the 
system described in Specification No. 1,548.362, 
where, as far as possible, perfect damping is provided 
upstream at all frequencies, but cancellation down* 

1 5 stream is simply not possible at certain f req uencies. 
The system of Specification No. 1 ,548,362 gives a 
sensitivity to error which is constant with frequency 
and equal to unity, which corresponds to the worst 
value of susceptibility of Rgures 3 and 4. 

20 It will beclearfrom the specific embodiments of the 
invention described above that the invention can be 
put into practice in many other ways with different 
detector and source arrangments, each with various 
intervening delays. In particular, it is sometimes 

25 useful to replace the simple delay 1 4 by an adaptive 
filter (such as of the form given in the above- 
mentioned paper by la Fontaine and Sh'^pherd), 
using a downstream monitoring detectorto operate a 
controller optimising the parameters of the filter for 

30 sound cancellation. Afurther improvement in the 
accuracy of operation of the overall system Is then 
obtained. However such an arrangement sometimes 
causes small departures from the criterion that the 
first and second sources are in phase at all frequen- 

35 ciesof interest justdownstream of thesecond source. 
For example in the arrangement of Figure 3 some 
signals generated by the source 13 may not have 
quite the correct phase to cancel incident signals and 
their amplitudes may not be exactly half the incident 

40 amplitudes. With an adaptivefilter the opportunity 
arises to correct these errors with the result that some 
signals from the source 1 5 are not quite in phase with 
those from the source 13 and not of exactly half their 
amplitude. However such an arrangement tends to 

45 generate signals which are in phase and which 
together tend to cancel the incident signals down- 
stream of the source 1 5. 

As alternatives to the transfer functions mentioned, 
othertransferfunctions between the detectors and 

50 the sources involving feedback orfeedforward may 
also be used provided at least one downstream 
source provides an output just downstream of 
another source which is, or tends to be, in phase with 
the output of that other source. 

55 The Figures show arrangments for use in ducts but 
provided a reasonably directional sound beam is 
being generated or a directional zone of cancellation 
is required then the principles of the invention, for 
example as exemplified in the Figures, can be applied 

60 to such beams or zones. 
CLAIMS 

1, Apparatus for the directional reduction of 
sound, comprising 
first and second electrically driven sound sources 
65 for positioning in the path of sound to be reduced 
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with the first source nearer to the source of the said 
sound than the second source, 

signal-generating meansfor generating a drive 
signal to drive the first source, and 

70 processing means for so processing the drive 

signal and applying it to drive the second source that 
sound generated by the first and second sources is, or 
tends to be, in phase at all frequencies of interest on 
that side of the second source which is remote from 

75 the fi rst sou rce, a nd 

the signal-generating means and the processing 
means being such that the resultant generated sound 
on thesaid side ofthe second source tends to be in 
anti-phase with sound to be cancelled at all the said 

80 frequencies. 

2. Apparatus according to Claim 1 including a 
number of furthersound sources, wherein the signal 
generating means is constructed and/or arranged to 
generate a respective drive signal for each further 

85 source, the drive signals being such that, at all 

frequencies of interest, the sound generated by each 
of the sources is in phase, on that side ofthe further 
source which is remote from the first source, with the 
resultant sound generated by other sources ofthe 

90 apparatus which are nearer to the source ofthe sound 
to be reduced. 

3. Apparatus according to Claim 1 or 2 wherein 
the signal generating means includes a detectorfor 
detecting the sound to be reduced, the detector being 

95 positioned nearer to the source ofthe sound to be 
reduced than the first source. 

4. Apparatus according to Claim 1 or 2 wherein 
the signal generating means includes a detectorfor 
detecting the sound to be reduced, the detector being 

1 00 positioned among the said sources ofthe apparatus. 

5. Apparatus according to Claim 4 insofar as 
dependent on Claim 1 , including delay means which 
models the sound path between the second source 
and the detector, wherein the detector is cou pled to a 

105 node at which the drive signal for the first source is 
added to the output signal ofthe detector and the 
output signal ofthe delay means is subtracted to form 
a resultant signal which is applied to an amplifier, the 
output signal ofthe amplifier forming the drive signal 

110 for the first source. 

6. Apparatus according to Claim 4 insofar as 
dependent on Claim 1 wherein the detector is coupled 
byway of means having a transfer function To to the 
input of the first source to provide th e said drive 

115 signal, and To is equal to — 1/(1 -e"^*"), where i is 
V^l , 0) is angular frequency and t is delay imparted 
by the processing means. 

7. Apparatus according to any preceding claim 
wherein at least one ofthe first and second sources 

120 comprises an array of sources driven in phase. 

8. Apparatus according to any preceding claim 
wherein the processing means comprises a delay 
circuit. 

9. Apparatus according to any of Claims 1 to 7 

1 25 wherein the processing means comprises an adap- 
tivefilter. 

1 0. Apparatus according to any preceding claim 
arranged forthe reduction of sound in a duct. 

1 1 . Apparatus according to any preceding claim 
130 wherein the detector comprises an array of mic- 



• 



5 



rophones positioned in the duct and coupled by 
means of appropriate delays to detect only sounds 
travelling along the duct away f ronn the source of 
sound to be reduced. 
5 12. Amethodforthe directional reduction of 
sound comprising generating first and second sound 
waves at first and second positions respectively in the 
path of sound to be reduced, with thefirst position 
nearertothe source of the said sound than the second 

1 0 position,the first and second sounds being, or 

tending to be, in phase at all frequencies of interest on 
that side of the second position which Is remote from 
the first position and the resultant generated sound 
wave tending to be in anti-phase at all frequencies of 

15 interest with sound to be cancelled on the said side of 
the second position. 

13. Apparatusforthe directional reduction of 
sound as hereinbefore described with reference to 
Rgures 1, 2, 3, or4of the accompanying drawings. 
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